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TAILORED SPEAKER-INDEPENDENT VOICE
RECOGNITION SYSTEM

FIELD OF THE DISCLOSURE

This disclosure relates generally to speaker-independent
voice recognition systems.

BACKGROUND OF THE DISCLOSURE

There are two main approaches to voice recognition:
speaker-dependent and speaker-independent. Speaker-de-
pending systems are common in personal electronic devices
such as cellular telephones. Speaker-dependent systems use a
training mode to capture phonetic waveforms of a single
speaker. These phonetic waveforms are evaluated, processed,
and matched to words in a speech recognition dictionary in
the form of a sequence of waveform parameters. The result is
a voice recognition system that is unique to the single
speaker; a speaker-dependent voice recognition will not work
well for someone other than that single speaker. Speaker-
dependent voice recognition systems are sensitive and,
although they have very high accuracy rates under ideal con-
ditions, they are adversely affected by background noise,
coughing, a strained voice, etc. Another drawback to a
speaker-dependent voice recognition system is that words
that do not follow standard pronunciation rules, such as
proper names, must be individually trained—in addition to
the standard training mode.

On the other hand, speaker-independent voice recognition
systems are common in dictation systems, automated direc-
tory assistance, automated phone banking, and voice-com-
mand devices. Speaker-independent systems use dictionaries
with transcriptions created by professional linguists to match
a particular speech utterance to a word. Because recognition
is based on transcriptions rather than waveforms, speaker-
independent voice recognition systems have a slightly lower
accuracy rate than speaker-dependent systems. Speaker-in-
dependent voice recognition systems, however, are generally
more robust than speaker-dependent voice recognition sys-
tems, can recognize the same word even when spoken by
different speakers, and can more accurately recognize speech
utterances in the presence of background noise.

Each word in a speaker-independent voice recognition sys-
tem has at least one transcription, and sophisticated speaker-
independent voice recognition systems use multiple-pronun-
ciation models to account for alternate pronunciations of
words. For example, U.S. dictionaries acknowledge the two
common pronunciations ofthe word “Caribbean” as “kar'[J-b
e'n” or “k[J-rib'e-[In.” These two pronunciations can be
mapped to two transcriptions in the dictionary in a speaker-
independent voice recognition system. Not only can multiple-
pronunciation models account for standard single-language
pronunciation alternates, but some multiple-pronunciation
models also account for non-native accents, regional dialects,
and personalized vocabularies. For personalized vocabularies
such as proper names which do not follow standard pronun-
ciation rules, a multiple-pronunciation generation model can
automatically produce many alternate transcriptions. Thus, to
increase of the coverage, there can be up to a dozen speaker-
independent transcriptions for a single word in a multiple-
pronunciation model environment.

A drawback to speaker-independent voice recognition sys-
tems with multiple-pronunciation models is that more tran-
scriptions requires more memory and more processing power
to recognize a particular speech utterance. In a portable elec-
tronic device, a speaker-independent voice recognition sys-
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tem with multiple-pronunciation models can use consider-
able processing power which can translate into battery drain
and/or a noticeable lag in recognition speed. Moreover, this
also can lead to an increase in confusion between words in the
speech recognition dictionary.

Thus, there is an opportunity to move speaker-independent
voice-recognition systems from a centralized system, such as
an automated directory assistance system, to an individual-
ized system such as in a portable electronic device. There is
also an opportunity to improve upon speaker-independent
voice recognition systems with multiple-pronunciation mod-
els to increase the speed of recognition and reduce processing
requirements, especially for proper names, while maintaining
the benefits of robust voice recognition capabilities. The vari-
ous aspects, features and advantages of the disclosure will
become more fully apparent to those having ordinary skill in
the art upon careful consideration of the following Drawings
and accompanying Detailed Description.

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1 shows a prior art diagram of a speaker-independent
voice recognition system.

FIG. 2 shows a simplified block diagram of a portable
electronic device with a tailored speaker-independent voice
recognition system according to a first embodiment.

FIG. 3 shows details of a voice recognition dictionary and
an electronic phonebook in the portable electronic device of
FIG. 2.

FIG. 4 shows a flowchart for entering words into a speech
recognition dictionary according to the first embodiment.

FIG. 5 shows aflowchart for recognizing speech utterances
and updating transcriptions according to the first embodi-
ment.

DETAILED DESCRIPTION OF THE PREFERRED
EMBODIMENTS

A tailored speaker-independent voice recognition system
has a speech recognition dictionary with at least one word.
That word has at least two transcriptions, each transcription
having a probability factor and an indicator of whether the
transcription is active. When a speech utterance is received,
the voice recognition system determines the word signified by
the speech utterance, evaluates the speech utterance against
the transcriptions of the correct word, updates the probability
factors for each transcription, and inactivates any transcrip-
tion that has an updated probability factor that is less than a
threshold.

As background, FIG. 1 shows a prior art diagram of a
speaker-independent voice recognition system 100. This sys-
tem is a dialogue system that evaluates utterances that repre-
sent either single words or groups of words. A user 199
speaks, and speech utterances are received by a speech rec-
ognition engine 175. The discourse context engine 150 assists
in speech recognition by parsing words from the speech utter-
ance according to predetermined grammar strings. For
example, the discourse context engine 150 has a grammar
string of “Call $SPHONEBOOK at (homelofficelmobile).”
Then, a speech utterance of “Call Bob at home” can be parsed
into words by the speech recognition engine 175.

These words are passed to a language understanding block
160 that interprets meanings from the words. Again, with the
help of the discourse context engine 150, the system can
understand these words having a meaning representing a
valid instruction that the system can act upon. The meaning is
set to a meaning representation block 140, which transforms
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the meaning into a predefined structure that is actionable by
the dialogue management block 130. For example, “Call Bob
at home” is transformed into an action “call,” a phonebook
entry “Bob,” and a related home phone number “800-555-
1212”7

The dialogue management block 130 interacts with a data-
base 101 to present audio and/or visual feedback to the user
199 complying with the meaning of the speech utterance as
understood by the system. For example, visual feedback
could be a display notice stating “Calling Bob at 800-555-
1212 (home).” The dialogue management block 130 can also
provide audio feedback through a language generation block
120, which creates a sentence responsive to the speech utter-
ance as understood by the system. Such a sentence could be
“Calling Bob at home.” This sentence is passed to a speech
synthesis block 110, which produces audio feedback to the
user 199.

Such a speaker-independent dialogue system 100 allows
for coherent speech recognition of words, phrases, instruc-
tions, and other grammar strings. It also provides a mecha-
nism for a user to verify correctly recognized speech utter-
ances and fix any incorrectly recognized speech utterances. In
such a speaker-independent system, the speech recognition
has many transcriptions for each word, which allows for
recognition of many speech utterances of the same word.

FIG. 2 shows a simplified block diagram of a portable
electronic device 200 with a tailored speaker-independent
voice recognition system according to a first embodiment. In
this first embodiment, the portable electronic device 200 is
shown as a cellular telephone. The tailored speaker-indepen-
dent voice recognition system can be implemented in any
device that presently uses a speaker-dependent voice recog-
nition system. These devices include personal computers,
voice command devices for the disabled, personal digital
assistant devices, and cellular telephones. Using a tailored
speaker-independent voice recognition system avoids the
training mode of a speaker-dependent voice recognition sys-
tem but allows the speed and accuracy of speech recognition
to increase through modification of the speech recognition
dictionary 260.

In this first embodiment, the portable electronic device 200
includes an antenna 290 for receiving radiofrequency signals,
a transceiver 280, and baseband circuitry 285. A main con-
troller 240 controls the general functions of the electronic
device 200. The controller 240 operates in response to stored
programs of instructions to demodulate received radiofre-
quency signals and modulate baseband signals received from
the user interface 210. The user interface 210 includes ele-
ments such as a loudspeaker 218, a display 216, a keypad 214,
and a microphone 212.

A speech recognition processor 270 couples to a transcrip-
tion generator 273, a speech recognition engine 275, and
memory 250 that includes a speech recognition dictionary
260, an electronic phonebook 257, and other read-only
memory 255 and random access memory 253. The speech
recognition dictionary 260 and electronic phonebook 257
will be described in more detail in conjunction with FIG. 3.

During operation of a tailored speaker-independent voice
recognition system in the electronic device 200, a user speaks
a command into the microphone 212, which captures the
sound as a speech utterance. The controller 240 passes the
speech utterance to the processor 270, which uses the speech
recognition engine 275 and the speech recognition dictionary
260 to identify a word meant by the speech utterance. The
word is passed to the controller 240 for presentation on the
display 216 as visual feedback to the user and/or announce-
ment on the loudspeaker 218 as audio feedback to the user.
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Speech recognition dictionary 260 words can be pre-
loaded before the user receives the electronic device 200.
Pre-loaded words would be commands such as “Call,”
“Home,” “Office,” “Mobile,” and the numbers 0 through 9.
Additionally or alternately, a user can add words to the speech
recognition dictionary 260 by adding entries to the electronic
phonebook 257, by creating user commands, or by creating
“canned” short messages. The proper names in the electronic
phonebook 257 are loaded into the speech recognition dictio-
nary 260 as words.

FIG. 3 shows details of a voice recognition dictionary 360
and an electronic phonebook 357 in the portable electronic
device 200 of FIG. 2. A portion of the memory block 250
shown in FIG. 2 is shown as block 350 in FIG. 3. A speech
recognition dictionary 360 includes records of words 371,
related transcriptions 373, probability factors 375, and indi-
cators 377 of whether the record is active or inactive. Shown
in FIG. 3 are two words, BOB and WITTE, which are found
in the electronic phonebook 357. Each word has more than
one transcription, which reflects the various ways that the
word can be recognized by the speech recognition engine 275
shown in FIG. 2. These transcriptions can be pre-loaded into
the speech recognition dictionary 360 or can be automatically
generated by the transcription generator 273 shown in FIG. 2.

Pre-loaded transcriptions are more likely for words that are
related to voice commands for the electronic device or are
common words useful for users of the electronic device. For
examples, pre-loaded multiple transcriptions for words such
as “Call,” “Home,” “Office,” “Mobile,” and the numbers 0
through 9 would be beneficial. Multiple transcriptions can
also be pre-loaded for words common to particular applica-
tions of the electronic device. For example, in a personal
computer, transcriptions for commands such as “Launch
Word Processor,” “Launch Email,” and “Launch Spread-
sheet” can be pre-loaded into a speech recognition dictionary.
For a voice-controlled television controller, commands such
as “Volume Up,” “Volume Down,” “Mute,” “Channel Up,”
“Channel Down” would also be logical to pre-load into a
speech recognition dictionary.

In this first embodiment, additional words are received
from proper name entries in the electronic phonebook 357.
The electronic phonebook 357 contains one entry with the
proper name “Witte Bob” having a given name “Bob” and a
surname “Witte.” In this first embodiment, the given name
BOB 380 is separated from the surname WITTE 390 in the
speech recognition dictionary 360. In a dialogue system such
as that shown in FIG. 1, where the portable electronic device
responds audibly or visually or both, the response seeks to
verify the user’s intention. For example, if a user says “Bob,”
and BOB is not unique in the electronic phonebook 357, the
portable electronic device responds with a question such as
“Do you want to call Bob Witte or Bob Chen?” or “There is
more than one ‘Bob’ in the phonebook. Please say the full
name.” Alternate embodiments may include the entire name
“Witte Bob” (or “Bob Witte™) as a single word.

The word BOB 380 has three transcriptions 381, 382, 383
as created by the automatic transcription generator 273 shown
in FIG. 2. Each of these transcriptions is associated with a
particular probability, which is re-evaluated whenever the
word “Bob” is correctly identified from a speech utterance.
Each of these transcriptions also has a flag which indicates
whether that transcription is active. An inactive transcription
is not considered by the speech recognition engine 275 shown
in FIG. 2 when a speech utterance is being evaluated for
recognition.

The word WITTE 390 has seven transcriptions 391, 392,
393,394, 395,396, 397 as created by the automatic transcrip-
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tion generator 273 shown in FIG. 2. Note that, because
WITTE 390 is a more difficult word to determine due to
multiple likely pronunciations, there are many more tran-
scriptions. The probability of 0 associated with each tran-
scription of WITTE 390 indicates that the word “Witte” has
not yet been correctly identified from a speech utterance.
Each transcription of WITTE 390 is active for consideration
by the speech recognition engine 275 shown in FIG. 2 and
thus eligible for a potential match to a speech utterance.

By using a series of voice commands, such as “Call,”
“Home,” the electronic device 200 shown in FIG. 2 can be
directed to call the “home” telephone number associated with
electronic phonebook entry “Witte Bob.” Command words,
such as “CALL,” “HOME,” “OFFICE,” and “MOBILE,” are
not shown in FIG. 3 for the sake of clarity. Instead, we con-
centrate on the proper names, which can have more transcrip-
tions and more varied transcriptions.

FIG. 4 shows a flowchart 400 for entering words into a
speech recognition dictionary according to the first embodi-
ment. The flowchart starts in step 401, and a speech recogni-
tion dictionary 260 shown in FIG. 2 obtains a word in step
410. The word can be obtained through a pre-loading process
for command words such as “Call,” “Home,” “Office,”
“Mobile,” or common words such as the numbers O through 9,
or a word can be obtained through an interface with an elec-
tronic phonebook 257 shown in FIG. 2.

Step 420 receives more than one transcription for the word.
A transcription generator 273 shown in FIG. 2 can automati-
cally create such transcriptions. Multiple automatic transcrip-
tions can be created from the word by taking into account
factors such as accents, dialects, and letter-to-sound rules.
Multiple transcriptions can also be created by professional
linguists, as common in speaker-independent systems, and
then loaded into the speech recognition dictionary 260 shown
in FIG. 2 before the electronic device 200 is delivered to a
user. Step 430 initializes the probability factor for each of
these newly-created transcriptions to 0. Each of these newly-
created transcriptions is flagged as “active” in step 440 even
though its probability factor is 0. See the seven WITTE 390
records shown in FIG. 3. At this point, the newly-created
multiple transcriptions are available for use by the speech
recognition engine 275 shown in FIG. 2.

FIG. 5 shows a flowchart 500 for recognizing speech utter-
ances and updating transcriptions according to the first
embodiment. This embodiment uses an electronic deviceina
dialogue system, such as that shown in FIG. 1. After start step
501, a speech utterance is received in step 510. For the elec-
tronic device 200 shown in FIG. 2, the speech utterance is
received through the microphone 212 of the user interface
210. Step 520 evaluates whether the speech recognition
engine has determined a correct recognition, which could be
a word or sequence of words. In this embodiment, a dialogue
occurs to verify the recognized word(s) using audio feedback
from a loudspeaker 218 and/or visual feedback from a display
216 such as those shown in FIG. 2. For example, if the speech
recognition engine matches more than one word to a speech
utterance, the electronic device 200 can state the most likely
word(s) through the loudspeaker 218 and/or display the most
likely word(s) on the display 216. If the recognition is incor-
rect, the flow returns to step 510 to receive another utter-
ance—most likely an attempt to repeat the previous utterance.

If the recognition is correct, step 599 interprets the recog-
nized words and executes the proper action related to the
recognized words. Meanwhile, step 530 evaluates the utter-
ance to determine the correct word sequence. It is possible to
reverse the order of step 520 and step 530 so that a word
sequence is determined before a correct recognition is veri-
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fied. Either way, after words are correctly identified from the
speech utterance, step 540 evaluates correct words against
active transcriptions. There are many ways to optimize this
evaluation process, including Viterbi decoding and Burm-
Welch decoding. Any of these methods can be implemented
by step 540.

Once the correct word is determined, step 550 updates the
probability factor for each transcription of the correct word.
Transcriptions for other words are unaffected. In this embodi-
ment, an acoustic score for each active transcription is accu-
mulated through usage a predetermined number of times. The
probability for each active transcription is calculated by
dividing the accumulated acoustic score for each transcrip-
tion with the total accumulated acoustic score for all the
transcriptions of that word. Note that an acoustic score is a
probability for a transcription in the logarithmic domain, so
the probability for a transcription can be easily calculated by
first transforming an acoustic score back to the probability
domain.

Step 560 determines if the updated probability factor is
greater than a threshold. The threshold can be pre-set or can
be dynamically adjusted. For example, a pre-set threshold can
be at 0.100. Alternately, a dynamically adjusted threshold can
be equivalent to, for example, one-half the highest probability
transcription for that word or, for example, the third highest
probability transcription for that word. Generally speaking, a
dynamically adjusted threshold could be equivalent to a pre-
determined fraction of the highest probability factor for that
word or, alternately, equivalent to the x-th highest probability
factor for that word. If the updated probability factor for a
particular transcription is less than the threshold, step 570
inactivates that transcription before updating the recognition
dictionary in memory in step 580. If the updated probability
factor for a particular transcription is greater than (or equal to)
the threshold, step 580 updates the recognition dictionary in
memory with the updated probability factor for the still-active
transcription. Inactivating transcriptions that are less than a
threshold allows the speech recognition engine to skip evalu-
ations against those transcriptions that are not likely to match
speech utterances.

Following is a simple, non-dialogue example of the tai-
lored speaker-independent voice recognition system as used
in the first embodiment for recognizing the speech utterance
for WITTE. After the proper name “Witte Bob” is entered into
the electronic phonebook 357 shown in FIG. 3, the flowchart
400 shown in FIG. 4 obtains the word “WITTE” in step 410
and creates more than one transcription in step 420. The seven
example transcriptions are shown as the WITTE 390 entries
in FIG. 3. Normal letter-to-sound rules for the word
“WITTE” result in transcriptions 391, 392, 393, 393, 395
while accent rules result in transcriptions 396, 397. Step 430
initializes the probability factor for each of the seven WITTE
390 transcriptions to 0. Step 440 in FIG. 4 sets the indicator
for each of the transcriptions 391, 392, 393, 394, 395, 396,
397 to active.

Now, when a user of the electronic device 200 shown in
FIG. 2 is using automatic speech recognition of a name to dial
a telephone number, the microphone 212 captures a speech
utterance such as “wit-ee.” This is reflected in steps 501 and
510 of FIG. 5. A speech recognition engine 275 shown in FIG.
2 evalutes the speech utterance “wit-ee” against the numerous
active transcriptions in the speech recognition dictionary 360
shown in FIG. 3. Given that the only close matches are within
the WITTE 390 records, the speech recognition engine 275
proposes that the correct word is “WITTE” and verifies it in
step 520 and step 530. In step 540, the speech utterance is
evaluated against all the active transcriptions for the correct
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word “WITTE.” The probability factors for each of the seven
WITTE 390 transcriptions are updated in step 550 to a non-
zero number based on the correctly identified speech utter-
ance. For certain transcriptions 393, 395, the updated prob-
ability factors will be below a threshold and thus inactivated
in step 570 of FIG. 5. Then, the next time that a user desires to
name dial “Witte,” the speech recognition engine will have
two fewer transcriptions to evaluate, which can result in faster
recognition, more accurate recognition, and less power drain.

A tailored speaker-independent voice recognition system
can be used not only for proper names, but it can also be used
for voice commands of the electronic device and for digit
dialing. A speech recognition dictionary for digit dialing can
include multiple transcriptions for each of the numbers O
through 9. As described earlier, the probability factors for
these transcriptions can be updated whenever a word (num-
ber) is correctly identified. Thus, the speaker-independent
transcriptions for numbers can be tailored to a particular
speaker’s accent, dialect, and whether he or she is a non-
native speaker.

A tailored speaker-independent voice recognition system
has the benefits of working without a training mode, recog-
nizing multiple speakers with different accents and dialects,
and gradually tailoring its transcriptions to inactivate tran-
scriptions with a low probability and thus increasing the
speed to recognize a speech utterance and improve the rec-
ognition performance for the user. The tailored speaker-inde-
pendent voice recognition system recognizes proper names
and other words without individual training. The system
receives multiple transcriptions of words and then “prunes”
those transcriptions that do not accurately represent how the
user actually says the word.

A side benefit to the tailored speaker-independent voice
recognition system is that, in many instances, it will success-
fully recognize speech utterances from others with similar
accents and dialects (e.g., a family member of the user).

While this disclosure includes what are considered pres-
ently to be the preferred embodiments and best modes of the
invention described in a manner that establishes possession
thereof by the inventors and that enables those of ordinary
skill in the art to make and use the invention, it will be
understood and appreciated that there are many equivalents to
the preferred embodiments disclosed herein and that modifi-
cations and variations may be made without departing from
the scope and spirit of the invention, which are to be limited
not by the preferred embodiments but by the appended
claims, including any amendments made during the pendency
of this application and all equivalents of those claims as
issued.

It is further understood that the use of relational terms such
as first and second, top and bottom, and the like, if any, are
used solely to distinguish one from another entity, item, or
action without necessarily requiring or implying any actual
such relationship or order between such entities, items or
actions. Much of the inventive functionality and many of the
inventive principles are best implemented with or in software
programs or instructions. It is expected that one of ordinary
skill, notwithstanding possibly significant effort and many
design choices motivated by, for example, available time,
current technology, and economic considerations, when
guided by the concepts and principles disclosed herein will be
readily capable of generating such software instructions and
programs with minimal experimentation. Therefore, further
discussion of such software, if any, will be limited in the
interest of brevity and minimization of any risk of obscuring
the principles and concepts according to the present inven-
tion.
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We claim:

1. An electronic device comprising:

a memory for storing a word, a first transcription of the
word, and a second transcription of the word;

a microphone for capturing a speech utterance;

a speech recognition engine, coupled to the microphone
and the memory, for evaluating through a predetermined
number of times of speech utterances against the first
transcription and the second transcription, for determin-
ing a first probability factor for the first transcription
based on an accumulated acoustic score for the first
transcription and a total accumulated score of the first
transcription and the second transcription, and for deter-
mining a second probability factor for the second tran-
scription based on an accumulated acoustic score for the
second transcription and the total accumulated score of
the first transcription and the second transcription; and

a processor, coupled to the speech recognition engine, for
inactivating the first transcription if the first probability
factor is below a threshold.

2. An electronic device according to claim 1 further com-

prising:

a transcription generator, coupled to the processor, for
automatically generating the first transcription.

3. An electronic device according to claim 2 wherein the
transcription generator automatically generates the second
transcription.

4. An electronic device according to claim 1 further com-
prising:

adisplay, coupled to the processor, for displaying the word.

5. An electronic device according to claim 1 further com-
prising:

aloudspeaker, coupled to the processor, for announcing the
word.

6. An electronic device according to claim 1 wherein the

memory further comprises:

a speech recognition dictionary for storing the word, the
first transcription, the second transcription, the first
probability factor, and the second probability factor.

7. An electronic device according to claim 6 wherein the

memory further comprises:

a first transcription “active” indicator and a second tran-
scription“active” indicator.

8. An electronic device according to claim 1 wherein the

memory further comprises:

an electronic phonebook.

9. An electronic device according to claim 1 wherein the
threshold is a predetermined value.

10. An electronic device according to claim 1 wherein the
threshold is a dynamically-determined value.

11. An electronic device according to claim 10 wherein the
threshold is a value equivalent to an x-th highest probability
factor for the word.

12. An electronic device according to claim 10 wherein the
threshold is a value equivalent to a predetermined fraction of
a highest probability factor for the word.

13. A method for recognizing a speech utterance compris-
ing the steps of:

obtaining a word;

receiving a first transcription for the word;

receiving a second transcription for the word;

initializing a first probability factor for the first transcrip-
tion;

initializing a second probability factor for the second tran-
scription;

activating the first transcription;

activating the second transcription;
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receiving speech utterances;

determining the word signified by the speech utterances;

evaluating through a predetermined number of times the
speech utterances against the first transcription;

evaluating through a predetermined number of times the
speech utterances against the second transcription;

updating the first probability factor based on an accumu-
lated acoustic score for the first transcription and a total
accumulated score of the first transcription and the sec-
ond transcription;

updating the second probability factor based on an accu-
mulated acoustic score for the second transcription and
the total accumulated score of the first transcription and
the second transcription; and

10

inactivating the first transcription if the updated first prob-
ability factor is less than a threshold.
14. A method according to claim 13 wherein the threshold
is a predetermined value.
15. A method according to claim 13 wherein the threshold
is a dynamically determined value.
16. A method according to claim 13 wherein the step of
receiving the first transcription comprises:
automatically creating the first transcription from the
word.
17. A method according to claim 13 wherein the step of
receiving the first transcription comprises:
storing the first transcription for the word in a memory.
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